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(54) AUDIO DECODER AND CODING ERROR COMPENSATING METHOD 



(57) When an error is detected in coded data in the 
current frame, data separation section 201 separates 
the data into coding parameters first. Then, mode infor- 
mation decoding section 202 outputs decoding mode in- 
formation in the previous frame and uses this as the 
mode information of the current frame, Furthermore, us- 



ing the lag parameter code and gain parameter code of 
the current frame obtained at data separation section 
201 and the mode information, lag parameter decoding 
section 204 and gain parameter decoding section 205 
adaptiveiy calculate a lag parameter and gain parame- 
ter to be used in the current frame according to the mode 
information. 
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D s ription 

Technical Field 

5 [0001] The present invention relates to a speech decoder and code error compensation method used in a mobile 
communication system and speech recorder, etc. that encode and then transmit speech signals. 

Background Art 

10 [0002] In the fields of digital mobile communications and speech storage, a speech coder is in use which compresses 
speech information and encodes compressed speech information at low bit rates for effective utilization of radio waves 
and storage media. In this case, when an error occurs in the transmission path (or recording media), the decoding side 
detects the error and uses an error compensation method to suppress deterioration in the quality of decoded speech. 
[0003] Examples of such a conventional art include an error compensation method are described in a CS-ACELP 

'5 coding system of the ITU-T Recommendation G.729 ("Coding of speech at 8kbit/s using conjugate-structure algebraic- 
code-excitedlinear-prediction (CS-ACELP)"). 

[0004] FIG. 1 is a block diagram showing a configuration of a speech decoder including error compensation according 
to the CS-ACELP coding system. In FIG.1, suppose speech is decoded in 10 ms-frame units (decoding units) and 
whether any error is detected or not in the transmission path is notified to the speech decoder in frame units. 

20 [0005] First, the data received and coded in a frame in which no transmission path error has been detected is sep- 
arated by data separation section 1 into parameters necessary for decoding. Then, using lag parameters decoded by 
lag parameter decoding section 2, adaptive excitation codebook 3 generates adaptive excitation and fixed excitation 
codebook 4 generates fixed excitation. Furthermore, using a gain decoded by gain parameter decoding section 5, 
multiplier 6 performs multiplications and adder 7 performs additions to generate an excitation. Furthermore, using LPC 

25 parameters decoded by LPC parameter decoding section 8, decoded speech is generated via LPC synthesis filter 9 
and post filter 10. 

[0006] On the other hand, with respect to the data received and coded in a frame in which some transmission path 
error has been detected, an adaptive excitation is generated using the lag parameter of the previous frame in which 
no error has been detected as a lag parameter, and a fixed excitation is generated by giving fixed excitation codebook 
30 4 a random fixed excitation code and an excitation is generated using a value obtained by attenuating the adaptive 
excitation gain and fixed excitation gain of the previous frame as a gain parameter, and LPC synthesis and post filter 
processing are carried out using the LPC parameter of the previous frame as an LPC parameter to obtain decoded 
speech. 

[0007] In the event of a transmission path error, the above-described speech decoder can perform error compensa- 
35 tion processing in this way. 

[0008] However, since the above-described conventional speech decoder carries out same compensation process- 
ing irrespective of speech characteristics (voiced or unvoiced, etc.) in a frame in which an error is detected and carries 
out error compensation primarily using only past parameters, there are limits to improvement of deterioration in the 
quality of decoded speech during error compensation. 

40 

Disclosure of Invention 

[0009] It is an object of the present invention to provide a speech decoder and error compensation method capabl 
of achieving further improved quality for decoded speech in a frame in which an error is detected. 

45 [0010] A main subject of the present Invention is to allow a speech coding parameter to include mode information 
which expresses features of each short segment (frame) of speech and allow thespeech decoder to adaptively calculate 
lag parameters and gain parameters used for speech decoding according to the mode information. 
[0011] Furthermore, another main subject of the present invention is to allow the speech decoder to adaptively control 
the ratio of adaptive excitation gain and fixed excitation gain according to the mode information. 

so [0012] A further main subject of the present invention is to adaptively control adaptive excitation gain parameters 
and fixed excitation gain parameters used for speech decoding according to values of decoded gain parameters in a 
normal decoding unit in which no error is detected, immediately after a decoding unit whose coded data is detected to 
contain an error. 

55 
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Brief Description of Drawings 
[0013] 

5 FIG.1 is a block diagram showing a configuration of a conventional spe ch decoder; 

FIG.2 is a block diagram showing a configuration of a radio communication system equipped with a speech coder 
and speech decoder according to an embodiment of the present invention; 

FIG.3 is a block diagram showing a configuration of a speech decoder according to Embodiment 1 of the present 
invention; 

10 FIG.4 is a block diagram showing an internal configuration of a lag parameter decoding section in the speech 

decoder according to Embodiment 1 of the present invention; 

FIG.S.is a block diagram showing an internal configuration of a gain parameter decoding section in the speech 
decoder according to Embodiment 1 of the present invention; 

FIG.6 is a block diagram showing a configuration of a speech decoder according to Embodiment 2 of the present 
15 invention; 

FIG. 7 is a block diagram showing an internal configuration of a gain parameter decoding section in the speech 
decoder according to Embodiment 2 of the present invention; 

FIG.8 is a block diagram showing a configuration of a speech decoder accordingjo Embodiment 3 of the present 
invention; and 

20 FIG. 9 is a block diagram showing an internal configuration of a gain parameter decoding section in the speech 

decoder according to Embodiment 3 of the present invention. 

Best Mode for Carrying out the Invention 

25 [001 4] With reference now to the attached drawings, embodiments of the present invention will be explained in detail 
below. 

(Embodiment 1) 

30 [001 5] FIG.2 is a block diagram showing a configuration of a radio communication apparatus equipped with a speech 
decoder according to Embodiment 1 of the present invention. Here, the "radio communication apparatus" refers to a 
base station apparatus or a communication terminal such as a mobile station, etc. in a digital radio communication 
system. 

[0016] In this radio communication apparatus, speech is converted to an electric analog signal by speech input 
35 apparatus 101 such as a microphone on the transmitting side and output to A/D converter 1 02. The analog speech 
signal is converted to a digital speech signal by A/D converter 102 and output to speech coding section 1 03. Speech 
coding section 1 03 carries out speech coding processing on the digital speech signal and outputs the coded information 
to modulation/demodulation section 104. Modulation/demodulation section 104 digitally modulates the coded speech 
signal and sends the modulated signal to radio transmission section 105. Radio transmission section 105 applies 
40 predetermined radio transmission processing to the modulated signal. This signal is sent via antenna 1 06. 

[0017] On the other hand, on the receiving side of the radio communication apparatus, a reception signal received 
by antenna 107 is subjected to predetermined radio reception processing by radio reception section 108 and sent to 
modulation/demodulation section 104. 

Modulation/demodulation section 104 carries out demodulation processing on the reception signal and outputs the 
4$ demodulated signal to speech decoding section 109. Speech decoding section 109 carries out decoding processing 
on the demodulated signal to obtain digital decoded speech signal and outputs the digital decoded speech signal to 
D/A convener 1 1 0. D/A converter 1 1 0 converts the digital decoded speech signal output from speech decoding section 
1 09 to an analog decoded speech signal and outputs to speech output apparatus 11 1 such as a speaker. Finally, speech 
output apparatus 111 converts the electrical analog decoded speech signal to decoded speech and outputs. 
so [0018] FIG.3 is a block diagram showing a configuration of a speech decoder according to Embodiment 1 of th 
present invention. The error compensation method in this speech decoder operates, when an error is detected on the 
speech decoding side from coded data obtained by the speech coding side coding an input speech signal, so as to 
suppress deterioration of the quality of decoded speech during speech decoding. 

[0019] Here, speech is decoded in a certain short segment (calied a "frame") on the order of 10 to 50 ms and th 
55 result of detection as to whether an error has occurr d in reception data in th frame units or not is notified as an error 
detection flag. As the method of error detection, CRC (Cyclic Redundancy Ch ck) or the like is normally us d. Suppose 
error detection is p rformed outside this speech decoder befor hand. As data to b subjected to error det ction, all 
cod d data for every fram may be targeted or only perceptually important coded data may be targeted. 
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[0020] Furthermore, fhe speech coding syst m to which the error compensation method of the pres nt invention is 
applied is targeted for those speech coding parameters (transmission parameters) including at least mode information 
expressing frame-specific features of a speech signal, a lag parameter expressing information on the pitch period of 
the sp ech signal or adaptive excitation, and gain parameter expressing gain information of the excitation signal or 
speech signai. 

[0021] First, a case where no error is detected in coded data of a current frame subjected to speech decoding will 
be explained first. In this case, no error compensation operation is performed, but normal speech decoding is performed. 
In FIG.3, data separation section 201 separates speech coding parameters from the coded data. Then, mode infor- 
mation decoding section 202 : LPC parameter decoding section 203, lag parameter decoding section 204, and gain 
parameter decoding section 205 decode mode information, LPC parameter, lag parameter, and gain parameter, re- 
spectively. 

[0022] Here, the mode information indicates a status of the speech signal in frame units and there are typically modes 
such as voiced, unvoiced and transient modes and the coding side carries out coding according to these statuses, For 
example, in the case of CELP coding in MPE(Multl Pulse Excitation) mode of the standard ISO/IEC 14496-3 (MPEG- 
4 Audio) which is standardized by the ISO/IEC, the coding side groups mode information under four modes such as 
unvoiced, transient, voiced (weak periodicity), and voiced (strong periodicity) according to the pitch predicted gain, 
and performs coding according to the mode. 

[0023] The coding side then generates adaptive excitation signals according to lag parameters using adaptive exci- 
tation codebook 206 and generates fixed excitation signals according to fixed excitation codes using fixed excitation 
codebook 207. A gain is multiplied by multiplier 208 on each excitation signal generated using the decoded gain pa- 
rameter and after two excitation signals are added up by adder 209, LPC synthesis filter 21 0 and post filter 211 generate 
and output a decoded signal. 

[0024] On the other hand, when an error is detected in the coded data of the current frame, data separation section 
201 separates the coded data into coding parameters first. Then, mode information decoding section 202 extracts tho 
decoding mode information in the previous frame and uses this as the mode information of the current frame. 
[0025] Furthermore, lag parameter decoding section 204 and gain parameter decoding section 205 adaptively cal- 
culate a lag parameter and gain parameter to be used for the current frame according to the mode information using 
the lag parameter code, gain parameter code and mode information of the current frame obtained by data separation 
section 201. This calculation method will be described in detail later. 

[0026] Furthermore, though any method can be used to decode an LPC parameter and fixed excitation parameter, 
it is also possible to use the LPC parameter of the previous frame as an LPC parameter and a fixed excitation signal 
generated by giving a random fixed excitation code as a fixed excitation parameter as in the case of the conventional 
art. It is also possible to use any noise signal generated by a random number generator as a fixed excitation signal or 
use the same fixed excitation code separated from the coded data of the current frame as a fixed excitation parameter. 
[0027] As in the case where no error is detected, decoded speech is generated from each parameter obtained in 
this way through generation of an excitation signal, LPC synthesis and the post filter 

[0028] Next, the method of calculating a lag parameter to be used in the current frame when an error is detected will 
be explained using FIG .4. FIG.4 is a block diagram showing an internal configuration of lag par ameter decoding section 
204 in the speech decoder shown in FIG.3. 

[0029] In FIG. 4, the lag code of the current frame is decoded by lag decoding section 301 first. Then, frame internal 
lag variation detection section 302 and inter-frame lag variation detection section 303 measure decoding lag parameter 
variations in a frame and between frames. 

[0030] Lag parameters corresponding to one frame consist of a plurality of lag parameters corresponding to a plurality 
of subframes in the one frame and a lag variation in the frame is detected by detecting whether there is any difference 
exceeding a certain threshold among the plurality of lag parameters. On the other hand, a lag variation between frames 
is detected by comparing a plurality of lag parameters In a frame with the lag parameter of the previous frame (last 
subframe) and detecting whether there is any difference exceeding a certain threshold. Then, lag parameter determin- 
ing section 304 determines a lag parameter to be used definitively in the current frame. 
[0031] Then, the method of determining this lag parameter will be explained. 

[0032] First, if the mode information shows "voiced", the lag parameter used in the previous frame is unconditionally 
used as the value of the current frame. Then, if the mode information shows "unvoiced" or "transient", the parameter 
decoded from the coded data of tho current frame is used on condition that constraints will be put on lag variations in 
a frame or between frames. 

[0033] More specifically, as shown in an example under expr ssion (1), if all variations of frame internal decoding 
lag parameter L(is) remain within a threshold, ail those param ters are used as current frame lag paramet r L'(is). 
[0034] On th other hand, when the frame internal lag vari s beyond the thr shold, int r-fram lag variations are 
measured. According to the detection result of these inter-frame lag variations, lag parameter Lprev of th previous 
frame (or previous subframe) is us d as a lag param ter of a subframe with a greater variation from the previous f ram 
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(or previous subframe) (difference exceeding the threshold), while lag parameters of a subframe with small variations 
are used as they are. 



5 if |L( j + l)-L( j)|<Tha for all j=l~NS-2, 

L r (is) L(iS) (is = 0-NS-l) 
Else Expression ( 1 ) 

10 

L'(is) L(is), if |L(is) -Lprev | <Thb 
Lprev otherwise 

15 

where, L(is) denotes a decoding lag parameter; L*(is), a lag parameter used in the current frame; NS, the number 
of subframes; Lprev, a lag parameter of the previous frame(or previous subframe); Tha and Thb; thresholds. 
[0035] It is also possible to decide a lag parameter to be used for the current frame from information of only frame 
Internal variations or information of only inter-frame variations using only frame internal lag variation detection section 
20 302 or inter-frame lag variation detection section 303, respectively. It is also possible to apply the above-described 
processing only to the case where the mode information indicates "transient" and use the same lag parameter decoded 
from the coded data of the current frame in the case of "unvoiced". 

[0036] The above explanation applies to the case where lag variation detection is performed on a tag parameter 
decoded from a lag code, but it is also possible to directly perform lag variation detection on a lag code value. A transient 
25 frame is a frame in which a lag parameter plays an important role as an onset of speech. Thus, in the above-described 
transient frame, it is possible to positively use decoding lag parameters. obtained from the coded data of the current 
frame conditionally in such a way as to avoid deterioration due to coding errors. As a result, compared to the method 
using previous frame lag parameters unconditionally as in the case of the conventional art, it is possible to improv 
the quality of decoded speech. 

30 [0037] Then, the method of calculating gain parameters to be used in the current frame when an error is detected 
will be explained using FIG.5. FIG. 5 is a block diagram showing an internal configuration of gain parameter decoding 
section 205 in the speech decoder shown in FIG. 3. In FIG.5, gain decoding section 401 decodes a gain parameter 
from the current parameter code of the current frame. 

[0038] In that case, when the gain decoding method varies depending on the mode information (e.g., the table used 
35 for decoding varies), decoding is performed according to the gain decoding method. As the mode information used in 

that case, the mode information decoded from the coded data of the current frame is used. However, as the method 

of expressing a gain parameter (coding method), if the method of expressing a gain value by combining a parameter 

that expresses power information of a frame (or subframe) and a parameter that expresses a correlation therewith (e. 

g., CELP coding in MPE mode of MPEG-4 Audio) is used, the value of the previous frame (or attenuated value of the 
40 previous frame) is used as the power information parameter. 

[0039] Then, changeover section 402 changes processing according to the error detection flag and mode information. 

For frames in which no error is detected, a decoding gain parameter is output as is. On the other hand, for frames in 

which an error is detected, processing is changed according to the mode information, 

[0040] First, when the mode information indicates "voiced", voiced frame gain compensation section 404 calculates 
a gain parameter to be used in the current frame. Any method may be used, but the gain parameter (adaptive excitation 
gain and fixed excitation gain) of the previous frame stored in gain buffer 403 attenuated by a certain value can also 
be used as in the case of the conventional example. 

[0041] Then, in the case where the mode information indicates"transient" or "unvoiced", unvoicedAransient frame 
gain control section 405 performs gain value control using the gain parameter decoded by gain decoding section 401 . 
50 More specifically, using the gain parameter of the previous frame obtained from gain buffer 403 as a reference, an 
upper limit and lower limit (or either one) from that reference value are provided and a decoding gain parameter limited 
by tho upper limit (and lower limit) is used as the gain parameter of the current frame. Expression (2) below shows an 
example of the limitation method when the upper limit is set for the adaptive excitation gain and fixed excitation gain. 

55 
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If Ga>Tha 

Ge <- Tha/Ga 

5 

Ga <- Tha 

If Ge>The*Ge_prev Expression (2) 

r 

10 Ga (The*Ge_prev) /Ge 

Ge <- The*Ge_prev 

*s where, 

Ga: Adaptive excitation gain parameter 
Ge: Fixed excitation gain parameter 

Ge_prev: Fixed excitation gain parameter of previous subframe 
20 Tha, The; Thresholds 

[0042] As shown above, in a frame in which an error has been detected, in combination with the above-described 
lag parameter decoding section, the gain parameter code of the current frame that can contain some code errors is 
positively used conditionally in such a way as to avoid deterioration due to coding errors , This can improve the quality 
25 of decoded speech compared to the method unconditionally using the gain parameter of the previous frame as in the 
case of the conventional art. 

[0043] As described above, during speech decoding in a frame whose coded data is detected to contain an error, 
the lag parameter decoding section and gain parameter decoding section adaptively calculate a lag parameter and 
gain parameter to be used for speech decoding according to the decoded mode information, and it is thereby possible 

30 to provide an error compensation method to achieve decoded speech of further improved quality. 

[0044]' More specifically, as a lag parameter to be used for speech decoding in the frame whose coded data is 
detected to contain an error, when the mode information of the current frame in the above-described lag parameter 
determining section indicates "transient", or "transient" or "unvoiced" and at the same time there are few variations in 
the decoding lag parameter in a frame or between frames, the decoding lag parameter decoded from the coded data 

35 of the current frame is used as the lag parameter of the current frame, and the past lag parameter is used as the current 
lag parameter under other conditions, and it is thereby possible to provide an error compensation method capable of 
improving the quality of decoded speech when the error-detected frame corresponds to an onset of the speech. 
[0045] Furthermore, when an error is detected in the coded data of the current frame and at the same time the mode 
information indicates "transient" or "unvoiced", the above-described unvoiced/transient frame gain control section con- 

^0 trols the gain to be output with an upper limit to an increase and/or a lower limit to a decrease from the past gain 
parameter specified with respect to the gain parameter decoded from the coded data of the current frame, and ean 
thereby suppress the gain parameter decoded from the coded data that may possibly contain errors from taking an 
abnormal value due to the errors and provide an error compensation method capable of achieving further improved 
quality for decoded speech. 

45 [0046] The error compensation method using the speech decoder shown in FIG.3 above Is targeted for a speech 
coding system including mode information that expresses features for every short segment of a speech signal as a 
coding parameter, while this error compensation method is also applicable to a speech coding system which does not 
include speech mode information in its coding parameters. In that case, the decoding side can be provided with a mode 
calculation section to calculate mode information to express features for every short segment of a speech signal from 

so decoding parameters or decoding signals. 

[0047] Moreover, the description of the speech decoder shown in FIG.3 above refers to a so-called CELP (Code 
Excited Linear prediction) type in which an excitation is expressed as a sum of an adaptive excitation and fixed excitation 
and decoded speech is generated through an LPC synthesis, while the error compensation method of the pr s nt 
invention is widely applicable to any speech coding system that uses pitch period information, gain information of an 

55 excitation or speech signal as coding parameters. 
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(Embodiment 2) 

[0048] FIG. 6 is a block diagram showing a configuration of a speech decoder according to Embodiment 2 of the 
present invention. As in the. case of Embodiment 1 ? the error compensating method of the speech decoder of this 
5 embodiment operates, when the decoding side detects an error in coded data obtained by the speech coding side 
coding an input speech signal, in such away as to suppress deterioration of the quality of the decoded speech during 
speech decoding by the speech decoder. 

[0049] Here t speech decoding is performed in units of a predetermined short segment (called a "f rame") on the order 
of 1 0 to 50 ms, and it is detected in frame units whether an error has occurred in the reception data or not and the 

w detection result is notified as a detection flag, 

[0050] Suppose error detection is carried out outside this speech decoder beforehand. As data to be subjected to 
error detection, all coded data for every frame may be targeted or only perceptually important coded data may be 
targeted. Furthermore, the speech coding system to which the error compensation method of the present invention is 
applied is targeted for those speech coding parameters (transmission parameters) including at least mode information 

15 expressing frame-specific features of a speech signal, gain parameter expressing gain information of an adaptive 
excitation signal and fixed excitation signal. 

[0051] The case where no error is detected in the coded data of the frame (current frame) to be subjected to speech 
decoding is the same as Embodiment 1 above and explanations thereof will be omitted. 

[0052] When an error is detected in the coded data of the current frame, data separation section 501 separales the 
20 coded data into coding parameters first. Then, mode information decoding section 502 outputs the decoding mode 
information in the previous frame and uses this as the mode information of the current frame. This mode information 
is sent to gain parameter decoding section 505. 

[0053] Furthermore, lag parameter decoding section 504 decodes lag parameters to be used for the current frame. 
Any method can be used to decodo parameters, but as in the case of the conventional art, it is also possible to use 

25 the lag parameter of the previous frame in which no error has been detected. Then, gain parameter decoding section 
505 calculates a gain parameter using mode information using a method which will be described later. 
[0054] Furthermore, any method can be used to decode LPC parameters and fixed excitation parameters, but as in 
the case of the conventional art, it is also possible to use the LPC parameter of the previous frame as an LPC parameter 
and a fixed excitation signal generated by giving a random fixed excitation code as a fixed excitation parameter. It is 

30 also possible to use any noise signal generated by a random number generator as a fixed excitation signal. Furthermore, 
it is also possible to perform decoding using the same fixed excitation code obtained by separating it from the coded 
data of the current frame as a fixed excitation parameter. As in the case where no error is detected, decoded speech 
is generated from each parameter obtained in this way through generation of an excitation signal, LPC synthesis and 
the post filter. 

35 [0055] Next, the method of calculating gain parameters to be used in the current frame when an error is detected 
will be explained using FIG, 7. FIG. 7 is a block diagram showing an internal configuration of gain parameter decoding 
section 505 in the speech decoder shown in FIG.6. 

[0056] In FIG. 7, gain decoding section 601 decodes a gain parameter from the current parameter code of the current 
frame first. In that case, when the gain decoding method varies depending on the mode information (e.g., the table 
40 used for decoding varies, etc.), decoding is performed according to the gain decoding method. Then, changeover 
section 602 changes processing according to the error detection flag. For frames in which no error is detected, a 
decoded gain parameter is output as is. 

[0057] On the other hand, for frames in which an error has been detected, adaptive excitation/fixed excitation gain 
ratio control section 604 carries out control of the adaptive excitation/fixed excitation gain ratio over the gain parameter 

±5 (adaptive excitation gain and fixed excitation gain) of the previous frame stored In gain. buffer 603 according to the 
mode information and outputs the gain parameter. More specifically, control is performed so as to increase the ratio 
of the adaptive excitation gain when the mode information of the current frame shows "voiced" and decrease the ratio 
of the adaptive excitation gain when the mode information of the current frame shows "transient" or "unvoiced". 
[0058] However, the ratio is controlled so that the power of the excitation input to the LPC synthesis filter which adds 

50 up the adaptive excitation and fixed excitation is equivalent to the power before the ratio control. In the case wher 
error detection frames appear consecutively (also including one-time appearance), it is desirable to perform such con- 
trol that attenuates the power of the excitation together. 

j , [0059] It is also possible, instead of providing gain buffer 603, to provide a gain code buffer for storing past gain 
codes, for gain decoding section 601 to decode the gain using the gain code of the previous frame for a frame in which 

55 an error is detected and perform adaptive excitation/fixed excitation gain ratio control over the decoded gain. 

[0060] Thus, in the case wher the current frame subject d to error comp nsation is "voiced", by making th adaptiv 
excitation component predominant, th reby making the voiced mode stationary, while making the fixed excitation com- 
ponent predominant in the unvoiced/transmit mode, it is possible to suppress deterioration by an inappropriate periodic 

**\ 
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component by the adaptive excitation and thereby improve the perceptual quality. 

[0061] As described above, during speech decoding in a frame whose decoded data is detected to contain an error, 
the adaptive excitation/fixed excitation gain ratio control section performs adaptive xcitation/fixed excitation gain ratio 
control over the gain parameter (adaptive excitation gain and fixed excitation gain) of the pr vious frame according to 
the mode information, and can thereby provide an error compensation method that attains further improved quality for 
decoded speech. 

[0062] The speech decoder shown in FIG.6 above is described as being targeted for a speech coding system in- 
cluding the mode information expressing features of every short segment of a speech signal as a coding parameter, 
but the error compensation method of the present invention is also applicable to a speech coding system whose coding 
parameter does not contain the mode information of speech. In that case, it is possible to include a mode calculation 
section for calculating mode information expressing features of every short segment of a speech signal from the de- 
coding parameter or decoding signal on the decoding side. 
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(Embodiments) 

[0063] FIG. 8 is a block diagram showing a configuration of a speech decoder according to Embodiment 3 of the 
present invention. As in the case of Embodiments 1 and 2, the error compensating method of the speech decoder of 
this embodiment operates, when the decoding side detects an error in coded data obtained by the speech coding side 
coding an input speech signal, in such away as lo suppress deterioration of the quality of the decoded speech during 
speech decoding by the speech decoder. 

[0064] Here : speech decoding is performed in units of a predetermined short segment (called a "frame") on th order 
of 10 to 50 ms, and it is detected in frame units whether an error has occurred in the reception data or not and the 
detection result is notified as a detection flag. Suppose error detection is carried out outside this speech decoder 
beforehand. As data to be subjected to error detection, all coded data for every frame may be targeted or only percep- 
tually important coded data may be targeted. 

[0065] Furthermore, the speech coding system to which the error compensation method of the present invention is 
applied is targeted for those speech coding parameters (transmission parameters) including at least a gain param ter 
expressing gain information of an adaptive excitation code signal and fixed excitation code signal. 
[0066] In a frame in which no transmission path error is detected, data separation section 701 separates the coded 
data into parameters necessary for decoding first. Then, using the lag parameter decoded by lag parameter decoding 
section 702, adaptive excitation codebook 703 generates an adaptive excitation and fixed excitation codebook 704 
generates a fixed excitation. 

[0067] Furthermore, using the gain decoded by gain parameter decoding section 705 using the method which will 
be described later, an excitation is generated through a multiplication and addition of gains by multiplier 706 and adder 
707. Then, decoded speech is generated via LPC synthesis filter 709 and post filter 710 using these excitation and 
the LPC parameter decoded by LPC parameter decoding section 708. 

[0068] On the other hand, for frames in which some transmission path error is detected, each decoding parameter 
is generated, and then decoded speech is generated in the same way as for frames in which no error is detected. Any 
method can be used to decode parameters except gain parameters, but as in the case of the conventional art, it is 
also possible to use the parameter of the previous frame as the LPC parameter and lag parameter. 
[0069] Furthermore, it is also possible to perform decoding using a fixed excitation signal generated by giving a 
random fixed excitation code as a fixed excitation parameter, using an arbitrary noise signal generated by a random 
number generator as a fixed excitation signal, or using the same fixed excitation code separated from the coded data 
of the current frame as a fixed excitation parameter, etc. 

[0070] Next, the method of decoding gain parameters by the gain parameter decoding section will be explained using 
FIG.9. FIG.9 Is a block diagram showing an internal configuration of gain parameter decoding section 705 in the speech 
decoder shown in FIG.8. In FIG.9, the gain parameter is decoded by gain decoding section 801 from the current 
parameter code of the current frame first. Furthermore, error status monitoring section 802 decides the status of error 
detection according to whether an error is detected or not. This status corresponds to the current frame in any on of 
the following cases: 



55 



Status 1) Error-detected frame 

Status 2) Consecutive (including the case of one time continuation) normal (no error is detected) frames immedi- 
ately after an error-detected frame 
Status 3) Oth r frames in which no error is detected 



[0071] Then, changeover section 803 changes processing according to above-described status. In the case of status 
3), a. gain parameter decoded by gain decoding section 801 is output as is. 
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[0072] Then, in the case of status 1 ), a gain parameter in the error-detected frame is calculated. Any method can 
be used to calculate the gain parameter and it is also possible to use a value obtained by attenuating the adaptive 
excitation gain and fixed excitation gain of the previous frame as in the case of the conventional art. It is also possible 
to carry out decoding using the gain code of the previous frame and use it as the gain parameter of the current frame. 
It is further possible, as shown in Embodiment 1 or 2. to us lag gain parameter control according to the mode and 
gain parameter ratio control according to the mode. 

[0073] Then, in status 2), adaptive excitation/fixed excitation gain control section 806 carries out the following 
processing on a normal frame after the error detection. First, of the gain parameters decoded by gain decoding section 
801 , the value of the adaptive excitation gain (coefficient value multiplied on the adaptive excitation) is subjected to 
control with an upper value specified. More specifically, it is possible to specify a fixed value (e.g., 1 .0) as the upper 
limit, decide an upper limit that is proportionallo the decoded adaptive excitation gain value or combine them. Further- 
more, together with the above-described adaptive excitation gain upper value control, the fixed excitation gain is also 
controlled simultaneously in such a way as to correctly maintain the ratio of the adaptive excitation gain to the fixed 
excitation gain. An example of a specific implementation method is shown in expression (3) below. 
[0074] For a certain number of first subframes in status 2), 
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For a certain number of first subframes in status 



2) 



if Ga > 1.0 

Ge <- (1.0/Ga)*Ge 
Ga <~ 1.0 

For subframes exceeding the above case in status 

2 ) Expression (3) 

if Ga > 1 . 0 

Ge <- <((Ga+1.0)/2)/Ga)*Ge 
Ga «- (Ga+1.0)/2 
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where, 

Ga: Adaptive excitation gain 
Ge: Fixed excitation gain 

[0075] When a method of expressing a gain value using a combination of a parameter expressing frame (or subframe) 
power information and a parameter expressing a correlation therewith (e.g., CELP coding in MPE mode of MPEG-4 
Audio) is adopted as the method of expressing a gain parameter (coding method), an adaptive excitation gain is de- 
coded depending on the decoded excitation of the previous frame, and therefore in the case of a normal frame after 
error, detection, the adaptive excitation gain is different* from the original value because of the error compensation 
processing of the previous frame and its quality may sometimes deteriorate due to an abnormal amplitude expansion 
of the decoded speech. However, quality deterioration can be suppressed by limitation of gain with the upper limit in 
this embodiment. 

[0076] Furthermore, by controlling the ratio of adaptive excitation gain to fixed excitation gain so that this ratio be- 
comes the value with the original decoding gain without errors, the excitation signal in the normal frame after error 
detection becomes more similar to an excitation in the case of no error, thus making it possible to improv the quality 
of decoded speech. 

[0077] The coding error compensation methods in above-describ d Embodim nts 1 to 3 can also be configured by 
software. For example, it is possibl to stor the program of the above-described error compensation method in a ROM 
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and construct a system so as to op rate under instructions from the CPU according to th program. Or it is also possible 
to store the program, adaptive excitation codebook, and fixed excitation codebook in a computer-readable storage 
medium and store the program, adaptive excitation codebook, and fixed excitation codebook of this storage medium 
in a RAM of the computer and operate the system according to the program. These cases also show the same actions 

5 and effects as in above-described Embodiments 1 to 3. 

[0078] The speech decoder of the present invention adopts a configuration comprising receiving means for rec iving 
data containing coded transmission parameters including mode information, lag parameter and gain parameter, a 
decoding section for decoding the above-described mode information, lag parameter and gain parameter, and a de- 
termining section for using mode information corresponding to a decoding unit earlier than the decoding unit corre- 

10 sponding to the above-described data in which an error is detected and adaptively determining a lag parameter and 
gain parameter to be used for the above-described decoding unit. 

[0079] According to this configuration, when speech is decoded in the decoding unit whose coded data is detected 
to contain an error, a lag parameter and gain parameter to be used for speech decoding are adaptively calculated 
according to the decoded mode information, and it is thereby possible to provide further improved quality for decoded 
15 speech. 

[0080] The speech decoder of the present invention in the above-described configuration also adopts a configuration 
wherein the determining section comprises a detection section for detecting variations within a lag parameter decoding 
unit and/or between lag parameter decoding units and determines a lag parameter to be used in the above-described 
decoding unit according to the detection result of the above-described detection section and the above-described mode 
20 information. 

[0081] According to this configuration, when speech is decoded in the decoding unit whose coded data is detected 
to contain an error, a lag parameter to be used for speech decoding is adaptively calculated according to the decoded 
mode information and the results of detection of variations within a decoding unit and/or between decoding units, and 
it is thereby possible to provide further improvod quality for decoded speech. 

25 [0082] The speech decoder of the present invention in the above-described configuration also adopts a configuration 
wherein the above-described lag parameter corresponding to the decoding unit is used when the mode indicated by 
the mode information is a transient mode or unvoiced mode and when the detection section detects no variations 
exceeding a predetermined amount within a lag parameter decoding unit and/or between lag parameter decoding units, 
and the lag parameter corresponding to a past decoding unit is used in other cases. 

30 [0083] According to this configuration, it is possible to improve the quality of decoded speech especially when the 
error detection decoding unit corresponds to an onset of speech. 

[0084] The speech decoder of the present invention in the above-described configuration also adopts a configuration 
wherein when the mode indicated by the mode information is a transient mode or unvoiced mode, the determining 
section comprises a restriction control section for putting restrictions on the range of gain parameters according to gain 
35 parameters corresponding to a past decoding unit and determines a gain parameter subjected to the range restrictions 
as the gain parameter. 

[0085] According to this configuration, when an error.is detected in coded data of the current decoding unit and at 
the same time the mode information indicates a transient or unvoiced mode, the output gain is controlled by specifying 
an upper limit to an increase and/or lower limit to a decrease from the past gain parameter, thereby making it possible 
to to suppress the gain parameter decoded from the coded data that can contain an error from taking an abnormal value 
due to the error and provide further improved quality for decoded speech. 

[0086] The speech decoder of the present invention adopts a configuration comprising a reception section for re- 
ceiving data containing coded transmission parameters including mode information, lag parameter, fixed excitation 
parameter and gain parameter made up of an adaptive excitation gain and fixed excitation gain, a decoding section 

45 tor decoding the above-described mode information, lag parameter, fixed excitation parameter and gain parameter, 
and a ratio control section for controlling the ratio of the adaptive excitation gain to the fixed excitation gain using mode 
information corresponding to a decoding unit earlier than the decoding unit whose data is detected to contain an error. 
[0087] The speech decoder of the present invention in the above-described configuration also adopts a configuration . 
wherein the above-described ratio control section controls the gain ratio in such a way as to increase the ratio of the 

50 adaptive excitation gain when the mode information is a voiced mode and decrease the ratio of the adaptive excitation 
gain when the mode information is a transient mode or unvoiced mode. 

[0088] According to these configurations, when a gain parameter is decoded in the decoding unit whose coded data 
is detected to contain an error, the ratio of the adaptive excitation gain to the fixed excitation gain is adaptively controlled 
according to the mode information, making it possible to further perceptually improve the quality of decoded speech 
55 jn error d tection decoding units. 

[0089] The speech decod r of the present inv ntion adopts a configuration comprising a reception section for re- 
ceiving data containing cod d transmission parameters including a lag parameter, fixed excitation parameter and gain 
parameter made up of an adaptive excitation gain and fixed excitation gain, a decoding section for decoding the above- 

10 



BNSDOCID: <EP 1 20751 8A1 J_> 



EP1 207 519 A1 



described lag parameter, fixed excitation parameter and gain parameter, and a specifying section, for specifying an 
upper limit of the gain parameter in a normal decoding unit immediately after the decoding unit in which an error is 
detected, 

[0090] According to this configuration, in a normal decoding unit with no errors detected immediately after the de- 
5 coding unit whose coded data is detected to contain an error, control is performed so as to specify the upper limit of 
the decoded adaptive excitation gain parameter, thereby making it possible to suppress deterioration of the quality of 
decoded speech due to an abnormal amplitude expansion of the decoded speech signal in the normal decoding unit 
immediately after the error detection. 

[0091 J The speech decoder of the present invention in the above-described configuration also adopts a configuration 
io wherein the above-described specifying section controls the fixed excitation gain so as to maintain a predetermined 
ratio with respect to the adaptive excitation gain within a range whose upper limit is specified. 
[0092] According to this configuration, since the ratio between the adaptive excitation gain and fixed excitation gain 
is controlled to take a value with an original decoding gain without errors, the excitation signal in the normal decoding 
unit immediately after the error detection becomes more similar to the case with no errors, and it is thereby possible 
*5 to improve the quality of decoded speech. 

[0093] The speech decoder of the present invention adopts a configuration comprising a reception section for re- 
ceiving data containing coded transmission parameters including a lag parameter and gain parameter, a decoding 
section for decoding the above-described lag parameter and gain parameter, a mode calculation section for calculating 
mode information from a decoding parameter or decoding signal obtained by decoding the above-described dala : and 
20 a determining section for using mode information corresponding to a decoding unit earlier than the decoding unit cor- 
responding to the above-described data in which an error is detected and adaptively determining a lag parameter and 
gain parameter to be used for the above-described decoding unit. 

[0094] According to this configuration, it is possible to adaptively calculate a lag parameter and gain paramet r to 
bo used for speech decoding oven for the speech coding system whose coding parameter includes no speech mode 
?5 information according to the mode information calculated on the decoding side, and thereby provide further improved 
quality for decoded speech. 

[0095] The speech decoder of the present invention adopts a configuration comprising a reception section for re- 
ceiving data containing coded transmission parameters including a lag parameter, fixed excitation parameter and gain 
parameter made up of an adaptive excitation gain and fixed excitation gain, a decoding section for decoding the above- 

30 described lag parameter, fixed excitation parameter and gain parameter, a mode calculation section for calculating 
mode information from a decoding parameter or decoding signal obtained by decoding the above-described data, and 
a ratio control section for controlling the ratio of the adaptive excitation gain to the fixed excitation gain using mode 
information corresponding to a decoding unit earlier than the decoding unit whose data is detected to contain an error. 
[0096] According to this configuration, when a gain parameter is decoded in the decoding unit whose coded data is 

?5 detected to contain an error, the ratio of the adaptive excitation gain to the fixed excitation gain is adaptively controlled 
according to the mode information calculated on the decoding side even for the speech coding system whose coding 
parameter includes no speech mode information, making it possible to further perceptually improve the quality of de- 
coded speech in error detection decoding units. 

[0097] The code error compensation method of the present invention comprises a step of decoding mode information, 
to lag parameter and gain parameter in data containing coded transmission parameters including the mode information, 
lag parameter and gain parameter, and a determining step of using mode information corresponding to a decoding 
unit earlier than the decoding unit corresponding to the above-described data in which an error is detected and adap- 
tively determining a lag parameter and gain parameter to be used for the above-described decoding unit; 
[0098] According to this method, when speech is decoded in the decoding unit whose coded data is detected to 
'5 contain an error, a lag parameter and gain parameter to be used for speech decoding are adaptively calculated ac- 
cording to the decoded mode information, and it is thereby possible to provide further improved quality for decoded 
speech. 

[0099] The code error compensation method of the present invention in the above-described method also comprises 
a step of detecting variations within a lag parameter decoding unit and/or between lag parameter decoding units and 
; o determines a lag parameter to be used in the above-described decoding unit according to the detection result and the 
mode information. 

[0100] According to this method, when speech is decoded in the decoding unit whoso coded data is detected to 
contain an error, a lag parameter to be used for speech decoding is adaptively calculated according to the decoded 
mode information and the results of detection of variations within a decoding unit and/or between decoding units, and 
5 it is thereby possible to provide further improved quality for decoded speech. 

[0101] The code rror compensation method of the present invention in the above-d scribed method also uses the 
above-described lag parameter with respect to the decoding unit wh n the mode indicated by the mode information is 
• a transient mode or unvoiced mode and wh n no variations exceeding a predetermined amount within a lag parameter 
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decoding unit and/or between lag parameter decoding units are detected, and uses the lag parameter corresponding 
to a past decoding unit in other cases. 

[0102] According to this method, it is possible to improve the quality of decoded speech especially when the error 
detection decoding unit corresponds to an onset of speech. 
5 [01 03] The code error compensation method of the present invention in the above-described method puts restrictions 
on the range of gain parameters according to gain parameters corresponding to a past decoding unit and determines 
a gain parameter subjected to the range restrictions as the gain parameter when the mode indicated by the mode 
information is a transient mode or unvoiced mode. 

[0104] According to this method, when an error is detected in coded data of the current decoding unit and at the 

10 same time the mode information indicates a transient or unvoiced mode, the output gain is controlled for the gain 
parameter decoded from the coded data of the current decoding unit by specifying an upper limit to an increase and/ 
or lower limit to a decrease from the past gain parameter, thereby making it possible to suppress the gain parameter 
decoded from the coded data that can contain an error from taking an abnormal value due to the error and provide 
further improved quality for decoded speech. 

'5 [0105] The code error compensation method of the present invention comprises a step of receiving data containing 
coded transmission parameters including mode information, lag parameter, fixed excitation parameter and gain pa- 
rameter made up of an adaptive excitation gain and fixed excitation gain, a step of decoding the above-described mode 
information, lag parameter, fixed excitation parameter and gain parameter, and a step of controlling the ratio of the 
adaptive excitation gain to the fixed excitation gain using mode information corresponding to a decoding unit earlier 

20 than the decoding unit whose data is detected to contain an error. 

[0106] The code error compensation method of the present invention in the above-described method controls the 
gain ratio in such a way as to increase the ratio of the adaptive excitation gain when the mode indicated by the mode 
information is a voiced mode and decrease the ratio of the adaptive excitation gain when the mode indicated by the 
mode information is a transient mode or unvoiced mode. 

25 [0107] According to these methods, when a gain parameter is decoded in the decoding unit whose coded data is 
detected to contain an error, the ratio of the adaptive excitation gain to the fixed excitation gain is adaptively controlled 
according to the mode information, making it possible to further perceptually improve the quality of decoded speech 
in error detection decoding units according to the mode information. 

[0108] The code error compensation method of the present invention comprises a step of receiving data containing 
30 coded transmission parameters including a lag parameter, fixed excitation parameter and gain parameter made up of 
an adaptive excitation gain and fixed excitation gain, a step of decoding the above-described lag parameter, fixed 
excitation parameter and gain parameter, and a step of specifying an upper limit of the gain parameter in a normal 
decoding unit immediately after the decoding unit in which an error is detected. 

[0109] According to this method, in a normal decoding unit immediately after the decoding unit whose coded data 
35 is detected to contain an error, control is performed so as to specify the upper limit of the decoded adaptive excitation 
gain parameter, thereby making it possible to suppress deterioration of the quality of decoded speech due to an ab- 
normal amplitude expansion of the decoded speech signal in the normal decoding unit immediately after the error 
detection. 

[0110] The code error compensation method of the present invention in the above-described method controls the 
40 fixed excitation gain so as to maintain a predetermined ratio with respect to the adaptive excitation gain within a range 
whose upper limit is specified. 

[0111] According to this method, since the ratio between the adaptive excitation gain and fixed excitation gain is 
controlled so as to have a value with an original decoding gain without errors, the excitation signal in a normal decoding 
unit immediately after the error detection becomes more similar to the case with no errors, and it is thereby possible 

45 to improve the quality of decoded speech. 

[0112] The code error compensation method of the present invention comprises a step of receiving data containing 
coded transmission parameters including a lag parameter and gain parameter, a step of decoding the above-described 
lag parameter and gain parameter, a step of calculating mode information from a decoding parameter or decoding 
signal obtained by decoding the above-described data, and a step of using the mode information corresponding to a 

so decoding unit earlier than the decoding unit whose data is detected to contain an error and adaptively determining a 
lag parameter and gain parameter to be used for the above-described decoding unit 

[0113] According to this method, it is possible to adaptivoly calculate a lag parameter and gain parameterto be used 
for speech decoding even for the speech coding system whose coding parameter includes no speech mode information 
according to the mode information calculated on the decoding side, and thereby provide further improved quality for 
55 decoded speech. 

[0114] Th recording medium of the pr sent invention is a computer-readabl recordingmediumforstoring a program 
and this program comprises a step of decoding mode information, lag parameter data and gain parameter in data 
containing coded transmission parameters including the mode information, lag parameter and gain parameter, and a 
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step of using the mode information corresponding to a decoding unit earlier than the decoding unit whose data is 
detected to contain an error and adaptively determining a lag parameter and gain parameter to be used for the above- 
described decoding unit. 

[01 15] According to this medium, it is possible to adaptively calculate a lag parameter and gain parameter to be used 
for speech decoding when speech decoding is performed in the decoding unit whose cod d data is detected to contain 
an error according to the decoded mode information, and thereby provide further improved quality for decoded speech. 
[01 1 6] The recording medium of the present invention is a computer-readable recording medium for storing a program 
and this program comprises a step of decoding mode information, lag parameter data and gain parameter in data 
containing coded transmission parameters including the mode information, lag parameter and gain parameter, and a 
step of using the mode information corresponding to a decoding unit earlier than the decoding unit whose data is 
detected to contain an error and controlling the ratio of the adaptive excitation gain to the fixed excitation gain in such 
a way as to increase the ratio of the adaptive excitation gain when the mode indicated by the above-described mode 
information is a voiced mode and decrease the ratio of the adaptive excitation gain when the mode indicated by the 
above-described mode information is a transient mode or unvoiced mode. 

[0117] According to this medium, when a gain parameter is decoded in the decoding unit whose coded data is de- 
tected to contain an error, the ratio of the adaptive excitation gain to the fixed excitation gain is adaptively controlled 
according to the mode information, making it possible to further perceptually improve the quality of decoded speech 
in error detection decoding units. 

[01 1 8] The recording medium of the present invention is a computer-readable recording medium for storing a program 
and this program comprises a step of decoding a lag parameter and gain parameter in data containing coded trans- 
mission parameters including the lag parameter and gain parameter, and a step of specifying an upper limit of the gain 
parameter in a normal decoding unit immediately after the decoding unit in which an error is detected and controlling 
the fixed excitation gain so as to maintain a predetermined ratio with respect to the adaptive excitation gain within th 
range whose upper limit is specified. 

[0119] According to this medium, it possible to suppress deterioration of the quality of decoded speech due to an 
abnormal amplitude expansion of the decoded speech signal in the normal decoding unit immediately after the error 
detection. 

[0120] As described above, according to the speech decoder and code error compensation method of the present 
invention, when speech is decoded in a frame whose coded data is detected to contain an error; the lag paramet r 
decoding section and gain parameter decoding section adaptively calculate a lag parameter and gain parameter to b 
used for speech decoding according to the decoded mode information. This makes it possible to provide further im- 
proved quality for decoded speech . 

[0121] Furthermore, according to the present invention, when a gain parameter is decoded in a frame whose coded 
data is detected to contain an error, the gain parameter decoding section adaptively controls the ratio of the adaptiv 
excitation gain to the fixed excitation gain according to the mode information. More specifically, by controlling the gain 
ratio so that the ratio of the adaptive excitation gain is increased when the current frame shows a voiced mode and 
decreased when the current frame shows a transient or unvoiced mode, it is possible to further perceptually improve 
the quality of decoded speech of an error detection frame. 

[0122] Furthermore, according to the present invention, the gain parameter decoding section adaptively controls the 
adaptive excitation gain parameter and fixed excitation gain parameter to be used for speech decoding according to 
the value of the decoding gain parameter for a normal frame in which no error is detected immediately after the frame 
whose coded data is detected to contain an error. More specifically, the gain parameter decoding section controls in 
such a way as to specify the upper limit of the decoded adaptive excitation gain parameter. This makes it possible to 
suppress deterioration of the quality of decoded speech due to an abnormal amplitude expansion of the decoded 
speech signal in the normal frame unit immediately after the error detection. Furthermore, by controlling the ratio of 
the adaptive excitation gain to the fixed excitation gain so that it becomes the value with the original decoding gain 
without errors and thereby making the excitation signal in the normal frame after the error detection more similar to 
the case with no errors, it is possible to improve the quality of decoded speech. 

[01 23] This application is based on the Japanese Patent Application No.HEl 1 1 -1 8571 2 filed on June 30, 1 999, entire 
content of which is expressly incorporated by reference herein. 

Industrial Applicability 

[0124] The present invention is applicable to a base station apparatus and communication terminal apparatus in a 
digital radio communication system. This makes it possible to carry out radio communications resistant to transmission 
errors. 
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